Introduction
The in-phase and quadrature demodulation required for the SAR benchmark application is succinctly described in Section 2.1.3 of Benchmark Technical Description-1 (BTD-1) [1] . A set of 16 baseline filter coefficients are provided in Table 3 of BTD-1, and a requirement to accommodate up to 96 coefficients is imposed. However, BTD-1 does not provide any explanation of the theory on which the I/Q demodulation is based, nor does it provide a set of 96 filter coefficients.
This note reviews the I/Q demodulation theory and provides two additional sets of filter coefficients. With the information provided in this note, any technique for designing FIR low-pass filters can be applied to obtain a replacement I/Q filter of any desired length.
The general topic of digital I/Q demodulation utilizing Hilbert transforms (analytic filters) is covered in a number of papers and books, for example [2] - [4] . The description presented here is specialized to the implementation chosen in the baseline ADTS algorithms.
Quadrature Signal Representation
It is convenient and computationally attractive to represent real-valued bandpass signals, such as commonly encountered in radar, using an equivalent complex low-pass (in-phase and quadrature) representation. The rationale for I/Q representation is further described in [5] . Prior to the advent of high-speed A/D converters, I/Q demodulation for high-bandwidth waveforms was usually accomplished in the analog domain by a system similar to the one portrayed in block diagram form in Figure 1 . 
ADTS Sampled Spectrum
In the ADTS system, stretch processing]!] is used to convert the 600 MHz bandwidth waveform at RF down to a 50 MHz bandwidth waveform centered at a low IF frequency of 31.25 MHz. This real signal is then sampled at 125 MHz. Abstracting these numbers, the sampling frequency may be denoted by F s , the signal bandwidth is then AF S , and the signal spectrum is centered at .25.F S , as illustrated in Figure 2a . 
Digital I/Q Demodulation
The in-phase and quadrature baseband representation of a bandpass signal like that of Figure 2a can be obtained by suppressing the positive frequency component of the real spectrum and translating the negative frequency component to baseband. Since the positive frequency components are suppressed, the sampling rate can be subsequently reduced by a factor of 2x without incurring any aliasing 1 . The implementation of these operations in the baseline ADTS algorithms is based on the following sequence of operations:
1. Shift the real spectrum by .25F S so the spectral images are centered at 0 and .5F S as shown in Figure 2b .
2. Pass the shifted signal through a low-pass filter with a nominal cutoff in the range .20F S < f c < .25F; and a stop band centered at .5F S .
3. Discard every other complex output sample produced by the filter to achieve a sample rate reduction of 2.
The input signal spectrum can be shifted by .25F S by multiplying the input signal by exp(ftirF s nAt/4:), where At = l/F s , which is equivalent to multiplying the digital sequence by f. The block diagram of a system for implementing these operations is shown in Figure 3 , where the decimation in sampling frequency is achieved by discarding odd output samples. Since only the even complex samples are retained from the filter, it is possible to reduce the computational burden by computing only the samples which are to be retained. Table 1 contains the convolution sequence representing the first few even and odd output samples, denoted by y n . Note that in the retained (even) output samples, the even samples of the modulated input sequence, which are real, are always associated with the even coefficients in the lowpass filter, while the odd samples of the modulated input sequence, which are imaginary, are always associated with the *In actuality, the frequencies in the stopband of the filter will alias but are assumed to be sufficiently attenuated to permit the sample rate reduction.
odd coefficients in the lowpass filter 2 . Therefore, the lowpass filter can be split into even and odd coefficient "8-tap" filters, each of which operates on only the even or odd components of the input signal respectively to produce the real and imaginary output samples after decimation. The system of Figure 3 , can be rearranged as shown in Figure 4 , which is the form described in Section 2.1.3
of BTD-1. 
Baseline I/Q Filter
The baseline I/Q filter coefficients given in BTD-1 are repeated in Table 2 . The even and odd coefficients represent a 16-tap low-pass filter with the magnitude response shown in Figure 5 . The equivalent I/Q filter after frequency shifting is shown in Figure 6 .
The low-pass filter has a DC gain of 2.3 (7.23 dB), and provides 36 dB of rejection relative to the passband. The filter therefore suppresses the positive frequency spectrum of the bandpass signal by 36 dB relative to the retained negative frequency spectrum. However, the suppressed spectrum is still coherent and will experience the same integration gain as the unsuppressed spectrum during range compression, with the result that artifacts from the positive frequency spectrum will be aliased into the range-compressed pulse 36 dB below the desired returns at the complementary range. These artifacts are not readily visible in a processed image since the eye can only discern 2 For simplicity, the even ouput sequences starting with n -0 are shown as retained. In practice, the first 16 samples (8 even-odd sample pairs) serve only to initialize the filter, and output samples are not retained before n = 16. about 6 to 8 bits of dynamic range in an image, with each bit corresponding to 6 dB. Therefore, 36 dB of suppression corresponds to about 6 bits of dynamic range and the artifacts are not visually perceptible in a 8-bit image display.
Although the artifacts are not visually observable, they may affect subsequent processing for detection or target recognition. Increasing the stopband rejection in the I/Q filter will help to reduce the impact of image artifacts associated with large amplitude scatterers. The next chapter provides two alternative filter designs, both with better stopband rejection and one with substantially narrower transition bands. Table 3 lists the coefficients for a 16-tap filter with improved stopband rejection. The filter was designed by a applying a Dolph-Chebyshev window with -50 dB sidelobes to a sine function. A fractional bandwidth of .43 was specified, corresponding to a nominal cutoff of .215^ for the low-pass filter. The magnitude response of the corresponding low-pass filter is shown in Figure 7 . Note that stopband rejection in excess of 60 dB is achieved with the same number of taps used in the baseline filter. Visual images produced with the improved 16 tap filter are not easily differentiated from images produced with the baseline filter, but a histogram of the two images shows readily discernible differences in the distribution of pixel amplitudes. Table 4 lists the coefficients for a 96-tap filter with improved transition bands and stopband rejection. The filter was again designed by applying a Dolph-Chebyshev window to a sine function. In this case, -60 dB sidelobes were specified for the window and a fractional bandwidth of .43 was again specified. The fact that the FIR filter is six times longer than the baseline filter accounts for the improved transition bands as shown in the magnitude response of Figure 8 . However, the filter requires six times more range samples than the baseline filter for initialization. The stopband rejection is approximately 70 dB below the passband, and could be made even lower at the expense of wider transition bands.
IMPROVED I/Q FILTER DESIGNS

Improved Rejection with 16 Taps
Improved Transition Band and Rejection with 96 Taps
Visually, effects of the 96 tap filter on the SAR images are most evident at the near and far ranges, where the sharp transition band of the filter results in a much quicker drop off in amplitude at the upper and lower image boundary.
Comments
The additional filters presented in this note were designed using a simple windowing method, and the choice of a Dolph-Chebyshev window results in ripples in both the passband and the stopband. Other design methods are available which maximize passband flatness or allow the amount of passband and stopband ripple to be traded-off against one another. Any filter design technique can be applied to obtain an I/Q filter for the SAR processor, provided the appropriate passband and stopband regions are preserved, and the filter is implemented in accordance with Figure 4 . 
